Abstract: A method of sampling jitter measurement based on time-domain analytic signals is proposed. Computer simulations and actual measurements were performed to compare the proposed method with the conventional method, in which jitter is evaluated from the amplitudes of sideband spectra for observed signals in the frequency domain. The results show that the proposed method is effective in that it 1) provides high temporal resolution as a result of the direct derivation of the jitter waveform, 2) achieves higher accuracy in the measurement of jitter amplitude, and 3) can separate phase modulation that originate in sampling jitter from amplitude modulation that originate in digitalto-analog and analog-to-digital conversion processes. Suitable measurement conditions and measurements to separate the effects of jitter in a digital-to-analog converter and an analog-to-digital converter are described.
INTRODUCTION
Sampling jitter is defined as fluctuations in the timing of the sampling clock in an analog-to-digital converter (ADC) or a digital-to-analog converter (DAC). The amplitude of the sampling jitter is usually defined as the deviation from the precise sampling timing.
Audio enthusiasts often argue that sampling jitter is affected by various aspects of the digital audio equipment. For example, in the case of a CD player, these include the modulation of the power supply, the materials of the digital transmission cable, the colors of the label side of the CD, as well as details regarding the implementation of circuits in products. In reality, there is no clear evidence that these factors affect the characteristics of sampling jitter. One of the reasons for the spread of such unverified rumors about jitter might be the absence of precise jitter measurements with high resolution with respect to time, amplitude, and frequency. If changes in the abovementioned factors do not affect the fine jitter characteristics, then they are not related to jitter. Since sampling jitter causes distortion during the reproduction and recording of audio signals, a precise method for measuring sampling jitter is required to improve the quality of digital audio products.
There have been several attempts to measure and assess the characteristics of sampling jitter [1] [2] [3] . The methods used for measuring sampling jitter target the frequency domain of the audio signal and evaluate the sideband spectrum induced by jitter instead of the jitter waveforms themselves.
In this paper, a method by which sampling jitter can be measured to a high degree of precision in both ADCs and DACs using the analytic signals of an observed signal in the time domain is introduced. The advantage of our proposed method of measuring jitter in the time domain compared with measurements in the frequency domain is that separation between amplitude modulation and phase modulation caused by jitter can be realized. In addition, the jitter waveform and amplitude modulation waveform are directly derived. This indicates that the temporal resolution of the measurement is high. Computer simulations and the measurement of actual DACs and ADCs show that the proposed method is superior to measurement in the frequency domain in terms of the accuracy of the measured jitter amplitude.
MODELING OF SAMPLING JITTER
First, sampling jitter is modeled as single sinusoidal Ã e-mail: akira@rsch.tuis.ac.jp jitter, which is applied to a pure tone signal in the time domain. If a pure tone signal with angular frequency ! c rad around the center of the range of audible frequencies is reproduced by a DAC that incorporates errors in the sampling periods, the effect is the modulation of the signal in time. In this case, a sinusoidal jitter with amplitude A is assumed for simplicity, where A is assumed to be constant during the observation period. A jitter waveform JðtÞ is expressed using sinusoidal jitter of angular frequency ! m rad as follows:
where t is the discrete time scale in seconds, where the sampling frequency is fs Hz and is the initial phase in radians. Here, fs is usually more than twice the upper limit of audible frequencies of 20 kHz. If the reproduced analog signal is recorded with an ideal jitter-free ADC, where the mean sampling frequency is identical to that of the DAC, the recorded discrete signal is formulated in terms of the following equations.
The upper limit of ! m is maximized to fs=2 when ! c is half of the Nyquist angular frequency and the antialiasing filter of the ADC eliminates components above the Nyquist frequency. The amplitude A of the jitter (which is typically less than several nanoseconds, as derived from observations of actual digital equipment [1] ) is much smaller than the angular frequency ! c , that is, ! c A 10 À3 . As a result, we obtain the following small-angle approximations:
Using these approximations, Eq. (2) becomes
The sinusoidally jittered signal has a sinusoidal carrier component and two other components at frequencies that are offset from the input signal frequency by the jitter frequency. Equation (5) represents the modeling of sampling jitter in the frequency domain, that is, the distortion components induced by sinusoidal jitter are characterized by the angular frequencies ! c AE ! m and the amplitude A! c =2 of the sidebands. The amplitude of jitter is more important in evaluating the effects of sampling jitter than its frequency, since it directly affects the level of the distortion components. The frequency of jitter affects audibility in conjunction with its amplitude and is discussed in Sect. 6.1.
In practice, a jitter waveform JðtÞ consists of a large number of sinusoidal and noiselike components. In this case, the modeling of sampling jitter in the frequency domain reveals that sideband components appear at frequencies that are offset from the signal frequency by the corresponding jitter component frequencies.
MEASUREMENT OF SAMPLING JITTER
A general method that can be used for measuring sampling jitter is to reproduce a test signal (a pure tone signal) via a DAC and to subsequently convert the reproduced analog signal back into a digital signal via an ADC. The observed signal, which is defined as the digital signal outputted from the ADC, contains distortion components that are caused by sampling jitter and internal noise inside both the DAC and the ADC. The lower panel of Fig. 1 shows a simple block diagram for jitter measurements. In this section, the conventional method for measuring sampling jitter in the frequency domain is described, after which a new jitter measurement method in the time domain performed using analytic signals is introduced.
Conventional Method for the Measurement of
Sampling Jitter in the Frequency Domain The conventional method for measuring sampling jitter applies the frequency domain model of sampling jitter to the power spectrum of the observed signal [1] . As shown in Eq. (5), the sinusoidally jittered signal has a sinusoidal carrier component and two other components at frequencies that are offset from the input signal frequency by the jitter frequency. The level R j of the sideband induced by sampling jitter relative to the amplitude of the observed A. NISHIMURA and N. KOIZUMI: SAMPLING JITTER MEASUREMENT carrier signal is proportional to the signal frequency and is given by
The amplitude A of the jitter is defined from the measured R j and from ! c , which is known. The jitter frequency ! m is derived by subtracting the sideband frequency from the signal frequency. In actual measurements using different ADC and DAC units, the ADC has inherent jitter in its sampling clock, which is independent of the sampling clock of the DAC. In other words, the output signal of the DAC is resampled and jittered by the sampling clock of the ADC. The resampling causes a slight change (typically less than 0.1%) in the value of ! c . Therefore, the value of ! c is measured from the carrier frequency of the observed signal. The jitter in the ADC generates sideband components to all spectral components including the signal component and the sideband components induced by the DAC. However, the sideband components generated by the ADC in regard to the sideband components generated by the DAC cannot be observed, since the relative levels of the sidebands induced by the DAC are extremely small, typically less than À70 dB, in comparison with the observed carrier signal. As a result, the sideband components induced by the jitter in both the DAC and the ADC appear together in the spectrum of the output signal of the ADC. Figure 2 shows the power spectrum of the observed signal of 12 kHz obtained by actual measurements. The vertical axis represents dBFS, which is the spectral level relative to the sinusoid of the full digital amplitude. The spectral level of the random noise whose effective value is 1= ffiffi ffi 2 p in 16-bit quantization and 44.1 kHz sampling corresponds to 20 log 10 ð2 À15 Þ À 10 log 10 ð22050Þ ¼ À133:7 dBFS/Hz. A pure tone with a frequency of 12 kHz was recorded onto a CD-R medium and played with a CD player, which was connected to the built-in DAC of an audio-visual amplifier with an optical digital cable, and the reproduced sound was recorded with an ADC. Both digitalto-analog and analog-to-digital conversions were conducted at 44.1 kHz sampling and 16-bit resolution. In this case, the most prominent sideband components were offset by 100 Hz and were at a level of À65:7 dB relative to the signal level. Therefore, the most prominent jitter component was assumed to have a jitter frequency of 100 Hz and an amplitude of 13.7 ns. The separation of the jitter effects of the DAC and ADC is discussed in Sect. 5.
An advantage of the method of measuring jitter in the frequency domain is its simplicity, which requires only a fast Fourier transform (FFT) or discrete Fourier transform (DFT) analysis of the observed signal. On the other hand, the disadvantage of this measurement is that the sideband components generated by amplitude modulation, which are often seen in the output of an ADC or a DAC, are difficult to separate from the sideband components generated by phase modulation caused by sampling jitter. Careful observation of the phase spectra of the sideband components enables the separation of amplitude and phase modulation, however, it requires advanced calculations when both modulation frequencies are close, i.e., within the width of the frequency resolution used in the frequency analysis. In addition, even when temporally overlapped frequency analyses are applied to the observed signal to obtain the temporal variation of jitter components, the temporal resolution of the measurements is low since frequency analysis requires an appropriate temporal window. These disadvantages are overcome by the measurement in the time domain described in the following section. The measurement in the time domain clearly separates amplitude modulation and phase modulation in the digitalto-analog and analog-to-digital processes, and reveals that the series of prominent sidebands in Fig. 2 is caused by amplitude modulation generated by the DAC.
Measurement of Sampling Jitter in Time Domain
Using Analytic Signals Although sampling jitter appears essentially as phase modulation, Dunn has argued that it is also observed as the modulation of amplitude in some types of DAC and ADC [4] . For example, sampling jitter in some types of 1-bit DACs comprising integrated circuits causes modulation in quanta of single bits, which is observed as amplitude modulation. The effects of time jitter on amplitude errors in a delta-sigma modulator have also been discussed [5] . The amplitude modulation at the output waveform of the DAC can in fact be observed [6] . Part of the amplitude modulation might have the same source as time jitter. However, the true origin of the amplitude modulation is not clear since details of the electric circuits of the converter are only known to the manufacturers. Acoust. Sci. & Tech. 31, 2 (2010) In this section, the output signal of a DAC or an ADC, including the effects of sampling jitter, is modeled using a generalized jitter waveform and a generalized amplitude modulation waveform, which are applied to a pure tone signal in the time domain.
A generalized phase modulation waveform is expressed as a summation of an arbitrary number of m sinusoidal jitter components. JðtÞ in Eq. (1) is rewritten as a sum over n jitter components. AðnÞ represents the jitter amplitude of each component in seconds. AðnÞ is assumed to be constant in the observation period. ! m ðnÞ is the jitter angular frequency in radians (0 < ! m ðnÞ < fs=2). m ðnÞ is the initial phase.
AðnÞ cosð! m ðnÞt þ m ðnÞÞ ð8Þ
A generalized amplitude modulation waveform AMðtÞ is expressed using an arbitrary number of k modulation components and a sum over n of the modulation index MðnÞ, the angular frequency ! a ðnÞ in radians, and the initial phase a ðnÞ.
MðnÞ cosð! a ðnÞt þ a ðnÞÞ ð9Þ
A jittered and amplitude-modulated sinusoidal signal xðtÞ can be rewritten as follows:
xðtÞ is the observed signal at the output of an ideal and jitter-free ADC in the measurement of sampling jitter. Then, the complex analytic signal yðtÞ of the realvalued signal xðtÞ is introduced, where yðtÞ is expressed as follows, with H denoting a Hilbert transform [7] .
The Hilbert transform of xðtÞ is given by shifting the phase angle in Eq. (10) by À=2. In the scope of this paper, H½cos GðtÞ % sin GðtÞ and H½sin GðtÞ % Àcos GðtÞ can be applied with GðtÞ as a function of t (see Appendix). Using these approximations, the Hilbert transform of xðtÞ is given by
MðnÞ cosð! a ðnÞ þ a ðnÞÞ
AMðtÞ can be derived from the instantaneous magnitude of yðtÞ, where
Furthermore, JðtÞ can be derived from the instantaneous phase angle of yðtÞ, which is expressed as follows:
H½xðtÞ xðtÞ
Finally, the jitter waveform JðtÞ is derived:
According to the above derivations of the jitter waveform and amplitude modulation waveform, a flow of the calculation performed in the measurement is shown in Fig. 3 .
An analytic signal is derived by applying DFT to the signal xðtÞ. To avoid the discontinuity of the signal, fade-in and fade-out functions should be applied to the initial and final portions of the observed signal, respectively. A Blackman window is used in this case since its first half can be used for fade-in and its last half can be used for fade-out. In this regard, the window function wðtÞ is written as follows: where XðiÞ is the discrete spectrum of the windowed signal wðtÞxðtÞ, and yðtÞ is derived by converting YðiÞ into a time-domain variable using an inverse DFT [8] . The temporal center of yðtÞ (N=4 t < 3N=4) is supplied to the analytic signal to calculate the amplitude modulation waveform and phase modulation waveform. The length of the window N affects the accuracy of the instantaneous phase [9] . The effect of N on the accuracy of the measurement is examined in Sect. 4.2. Under actual measurement conditions, the observed signal contains the effects of jitter in both the DAC and ADC similar to these observed in measurements in the frequency domain. Only the effects of the jitter on the carrier signal component in the DAC and ADC should be taken into account since the effects of jitter in the ADC on the distortion components induced by the jitter in the DAC is negligible. A slight difference between the sampling frequencies of the DAC and ADC causes a difference between the angular frequencies of the test signal ! c and the angular frequencies of the observed signal given by Eq. (15) . To avoid this resampling problem, Eq. (15) is replaced with the angular frequency actually obtained from the observed signal by averaging the instantaneous angular frequencies. The instantaneous angular frequencies are derived using the first derivative of the instantaneous phase angle argðyðtÞÞ. In addition, the linear trend in JðtÞ caused by a slight difference between the averaged angular frequency and the actual angular frequency is canceled by applying the linear least-mean-squares fitting to the extracted JðtÞ waveform.
Examples from actual measurements in the time domain are presented to illustrate their distinctive features. The observed signal obtained in Sect. 3.1 was analyzed by jitter measurement in the time domain. Figure 4 shows a 6 kHz low-pass-filtered jitter waveform. The vertical axis of Fig. 4 represents the amplitude of the jitter waveform. Figure 5 shows the jitter spectrum calculated from the 1 s jitter waveform. These results indicate that the 100 Hz jitter component measured from the power spectrum of the observed signal in Fig. 2 is misleading. Figure 6 shows the amplitude modulation waveform obtained from the measurement in the time domain. It is clear that a roughly rectangular 100 Hz amplitude modulation is the source of the series of sidebands separated by 100 Hz in Fig. 2 . 
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time Imag. The advantage of our proposed method of measuring jitter in the time domain using analytic signals compared with measurements in the frequency domain is that separation between amplitude modulation and phase modulation caused by jitter can be realized. In addition, the jitter waveform and amplitude modulation waveform are directly derived. This indicates that the temporal resolution of the measurement is high.
Derivation of an analytic signal y(t) r 2 X(i) (0 < i < N/2) X(i) (i =
SIMULATION OF THE MEASUREMENTS
Comparison with Measurements in the Frequency
Domain and in the Time Domain The accuracy of measurements of the jitter amplitude is generally more important than the accuracy of the jitter frequency since the amplitude of the distortion components in the audio signal is proportional to the jitter amplitude. To compare the accuracy of the two jitter measurement methods, computer simulations under conditions close to actual conditions are performed by measuring the amplitude of a known jitter component applied to a pure tone signal.
A 1 kHz sinusoidal jitter with an amplitude of 1 ns is applied to a 12 kHz À6 dBFS pure tone signal by substituting these parameters in Eq. (2) . The signal frequency is randomly chosen in the range of AE0:1% to simulate the mismatch of the sampling frequencies of a DAC and an ADC. The jitter frequency is also randomly chosen in the range of AE0:5 Hz to take the discontinuity of a finite window length into consideration. The initial phases of both jitter and signal components are chosen randomly in the range of 0 to 2. The sampling frequency is 48 kHz. A white Gaussian noise is added to the jittered signal to simulate the internal and external noise that exists in the actual electric circuits. The spectral level of the noise is varied in the range between À125 and À135 dBFS/Hz in 5 dB steps. The jittered signal containing the noise is then quantized with a precision of 16 bits. Measurements of the jitter amplitude are performed using this quantized waveform as an observed signal. The duration of the observed signal is 2 s. A block diagram of the simulation is shown in Fig. 7 .
The measurements in the frequency domain are conducted with respect to the power spectrum of a 2 s observed signal to which a Hanning window is applied. The amplitude of the sidebands is determined from the mean power of the lower and upper sidebands. The measurement in the time domain utilizes a spectral peak at the jitter frequency calculated from a Hanning-windowed 1 s jitter waveform. The amplitude and frequency of all spectral peaks are derived by performing a three-point interpolation of the maximum amplitude and the nearest spectra [10] . The simulations are iterated 10,000 times for each simulated condition. The results of the simulations are shown in Table 1 as mean deviations from the given jitter amplitude and the standard deviation in nanoseconds.
The results for the mean deviation show that the accuracy of the measurement in the time domain is slightly higher than that of the measurement in the frequency domain under conditions above À135 dBFS/Hz. This is caused by the separation of phase and amplitude modulation from both mixtures, which is a result of the additional Gaussian noise in the measurement in the time domain. The results of the standard deviations show that the precision of the measurement in the frequency domain is consistently higher than that of the time domain as a result of the longer window for the spectral analysis in the measurement in the frequency domain. To realize equal simulation conditions for both types of measurement, the length of the observed signal is set to be identical for both types of measurement. As a result, the length of the signal used for the frequency analysis of the measurement in the frequency domain is twice that used to analyze the measurement in the time domain. Measurements using the same length of signal for frequency analysis in both types of measurement produced comparable values of the standard deviation of the measured jitter amplitudes.
Effects of the Length of the Observed Signal
Theoretically, the accuracy of the measurement in the time domain is decreased using an observed signal with a shorter length, because of the finite length of the Hilbert transform [9] . To examine the effects of the length of the observed signal under practical conditions, we conducted simulations to measure the accuracy of the jitter waveform by varying the length of the observed signal, that is, N in Eq. (16), by repeatedly doubling it from 1,500 to 48,000. Amplitude modulation with a modulation index of 10 
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À3 random initial phase are applied simultaneously to the carrier test signal. The level of additive Gaussian noise is À135 dBFS/Hz. The other conditions of the simulation are the same as those in the previous section. The accuracy of the measured jitter is evaluated using the signal-to-noise ratio (SNR), which is defined in terms of the given jitter waveform JðtÞ and measured jitter waveform J 0 ðtÞ as follows:
To avoid the artifacts of wide band jitter noise induced by the additive Gaussian noise and quantization, J 0 ðtÞ is obtained by band-pass filtering from 500 to 1,500 Hz using a 256-tap FIR filter. Table 2 shows SNRs obtained by the simulation. Theoretically, SNR increases proportionally to N; however, the resultant SNR reached the maximum at a length of 24,000, which is caused by the practical measurement conditions of additive noise and the quantization process.
PROCEDURES AND CONDITIONS FOR THE ACTUAL MEASUREMENTS
Procedures and conditions suitable and commonly used for jitter measurements in both the frequency domain and the time domain are as follows: (1) The frequency of the signal should be approximately a quarter of the sampling frequency of the ADC, which maximizes the measurable bandwidth of the jitter frequency. ( 2) The signal intensity should be sufficiently high for the measurement in order to lower the noise floor of the jitter spectra. Both the input level of the ADC and the output level of the DAC are recommended to be, for example, À6 dBFS. (3) In some cases, internal noise, quantization noise, and aliasing noise in the DAC and ADC circuits generate phantom components in the jitter spectrum. For measurements in the frequency domain, folding back the lower spectrum of the observed signal onto the higher spectrum and selecting the minimal components between the low and high spectra yields the true sideband components. For measurements in the time domain, selecting the common jitter spectrum from two jitter spectra obtained from measurements using different signal frequencies minimizes the effects of these factors since phantom jitter components appear at different frequencies for different signal frequencies. (4) The observed signal contains the effects of jitter in both the DAC and the ADC. Separation of these jitter components is achieved by comparing the results of the measurements after replacing one converter with another one. The inherent jitter spectrum of the ADC is obtained by selecting the minimum jitter spectrum from the two jitter spectra from the different DACs. It is important to select an ADC with low jitter for the measurement of the DAC, and vice versa. The fourth measurement procedure, which separates the effect of an ADC on the jitter measurement of a DAC, is illustrated by the results of actual measurements in the time domain. Figure 8 shows the jitter spectra of the jitter waveforms obtained from measurements in the time domain. The upper panel corresponds to the jitter spectrum of DAC-a connected to the ADC, while the middle panel corresponds to DAC-b connected to the ADC. These jitter spectra contain the inherent jitter components of the ADC. The lower panel of Fig. 8 shows the estimated jitter spectrum of the ADC, which is derived by selecting the minimum spectrum from the jitter spectra of DAC-a and DAC-b for each jitter frequency. This selected spectrum is common for both measurements and does not exceed the amplitude of the inherent jitter in the ADC. It exhibits a sufficiently small jitter amplitude for the measurement of DACs and is used for the measurements shown in previous sections.
6. DISCUSSION
Audibility of Sampling Jitter
The thresholds of audibility and the perceptual detection of sampling jitter are beyond the scope of this paper. However, readers might be curious about the audibility of the sampling jitter of actual audio equipment. Ashihara and Kiryu [11] measured thresholds for random jitter in music signals. All listeners in that study were graduate or undergraduate students and most of them were not welltrained listeners. As Benjamin and Gannon reported [12] , detection thresholds for jitter will depend on how well the listeners are trained. Ashihara et al. [13] measured the detection threshold in a two-alternative forced-choice paradigm by switching sounds and using professional audio engineers, sound engineers, audio critics, and semiprofessional musicians as listeners. The listeners were allowed to use their own listening environments and the sound materials of their choice. It was shown that the detection threshold for random jitter had a root-meansquare (RMS) value of several hundred nanoseconds for well-trained listeners under their preferred listening conditions.
Jitter measurements in the time domain, which were described in this paper, show that several factors affect the fine jitter characteristics of products, including a system comprising a digital interface, a DAC, a digital cable, and CD-R media [14, 15] . In all jitter measurements including those in unreported experiments, the maximum amplitude of all jitter components was less than about 60 ns. The detection threshold of sampling jitter appears to be roughly ten times larger than the actual jitter amplitude [13] .
However, it must be considered that the perceptual experiment handled random flat-spectral jitter, while the physical measurement of jitter exhibits line-spectral jitter. It is conceivable that line-spectral jitter is more readily perceptible than flat-spectral jitter when the amplitude of both types of jitter has the same RMS value since the distortion components induced by line-spectral jitter are characterized by a higher amplitude than those induced by flat-spectral jitter.
Theoretically, if a sinusoidal jitter of 10 kHz frequency and 2 ns amplitude is applied to a carrier signal component of 14 kHz frequency and 90 dB sound pressure level (SPL), an audible distortion component of 9 dB SPL will appear at 4 kHz. Generally speaking, jitter components of higher frequency cause more audible distortions, since the higher jitter frequency generates distortion components whose frequencies are distant from the frequencies of the signal. These audible conditions were predicted from absolute threshold data for the human auditory system [4] . In spite of the above discussion on the theoretical audibility and the jitter characteristics, which have been clarified by measurement in the time domain [15] , the distortion components induced by sampling jitter are usually masked by the music signal or the environmental noise under the listening conditions. The effects of sampling jitter in actual audio equipment under realistic listening conditions will not be audible.
Significance of Precise and Detailed
Measurements of Sampling Jitter In general, current digital audio equipment exhibits smaller jitter amplitude than the allowable jitter amplitude in terms of audibility, as discussed in the previous section. This does not mean that precise and detailed measurements of sampling jitter are not required. The precise and detailed measurements of sampling jitter are useful for evaluating the actual effects of a number of audio technologies, rumors, and unproven assertions that are claimed to reduce or affect jitter. If the adoption of such technology for reducing jitter does not affect minute jitter characteristics, the technology is not connected with jitter.
Jitter measurements in the time domain provide a method for obtaining detailed insight into the behavior of digital audio equipment in terms of amplitude modulation and phase modulation with high temporal resolution. The results of jitter measurements in the time domain can be used as feedback for designing audio technologies that truly reduce sampling jitter.
SUMMARY
Although in previous works concerning the audibility of sampling jitter it has been considered that the effects of jitter are not perceptible, audio enthusiasts still claim that a number of audio technologies and unproven phenomena affect jitter. Jitter measurement in the time domain, which is introduced in the present paper, is used to separately derive a jitter waveform and an amplitude modulation waveform, which are often observed as a result of the conversion process in a DAC or an ADC. The measurement is based on the analytic signal of the analog-to-digital converted audio signal, which can derive the instantaneous phase and amplitude. A computer simulation revealed that the measurement of sampling jitter in the time domain is more accurate than the conventional method of measure-ment in the frequency domain under general conditions. Conditions and procedures suitable for the actual jitter measurement are also discussed in terms of signal frequency, the input and output levels of the converters, several artifacts of the measurement, and the separation of the effects of a DAC and an ADC. Jitter measurements in the time domain provide a method for obtaining detailed insight into the behavior of digital audio equipment in terms of amplitude modulation and phase modulation with high temporal resolution.
